Abstract-Electrocardiogram (ECG) signal plays a vital role in the primary diagnosis and monitoring of the health of heart. For the features extraction of the ECG signals such as R-peak, QRS complexes, T-waves etc., the significant noises have to be cancelled. The most significant noises corrupted the ECG signal are power line interference (50/60Hz), Electromyographic (EMG) noise due to motion artifacts, muscle contraction, baseline wanders due to respiration and perspiration, and instrumentation noise. Designing digital filters to suppress these noises sits in a quite important position for ECG signal processing and analysis. This paper presents the application of software digital filters in order to effectively eliminate these noises from the ECG signals. Several types of digital filters were designed and implemented along with their strengths and weaknesses. The quantitative properties of implemented digital filters were investigated with the ECG signals from MIT-BIH Arrhythmia Database as the test data. All the work was done with MATLAB ® . The noises were simulated and added to the test data. The performance of digital filters was described by the comparison of power spectra of the filtered noisy signal and the original database ECG recordings and the mean square error.
I. INTRODUCTION
Computer aided ECG signal analysis is a popular research trend in today world. For the process of automated analysis, the noises present in ECG signal are needed to be considered and eliminated for the accurate signal analysis and diagnosis.
Electrocardiogram (ECG) can be corrupted by various types of noise such as baseline wander noise, Electromyographic (EMG) interference and 50 or 60 Hz power line interference, motion artifacts, etc. The ECG signal embedded in these noises is very difficult to correctly interpret for diagnosis.
Therefore, to reduce and remove the noises, digital software filters are widely used in biomedical signal processing. There are many research papers which described the processing of individual noise with different types of filter, but not many papers which discussed the processing of several types of noise present in the ECG. Analog filters can deal with the noises, but they introduce nonlinear phase shifts Manuscript received September 9, 2011; revised October15, 2011 .This work was supported in part by the Ministry of Science and Technology, Republic of Union of Myanmar.
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Zaw Min Naing is with Technological University (Maubin), Maubin, Myanmar. (e-mail: drzaw290615@gmail.com).. and depend on the instrumentation such as resistance, temperature and design. Digital filters are more precise and less error with more advantages over analog filters. In this paper, the most significant noises were simulated and processed using different types of digital filters. The performance of the filters were compared and evaluated.
II. MATERIALS AND METHODS

A. MIT-BIH Arrhythmia Database
MIT-BIH arrhythmia database consists of 48-half-hour ECG recordings and contains approximately 109,000 manually annotated signal labels. The recordings were digitized at 360 Hz (samples per second per channel) with 11-bit resolution over 10 mV (±5 mV) range. ECG recordings are two channels. In most records, the upper signal is a modified limb lead II (MLII), obtained by placing the electrodes on the chest. The lower signal is usually a modified lead V1 (occasionally V2 or V5, and in one instance V4); as for the upper signal, the electrodes are also placed on the chest. This configuration is routinely used by the BIH Arrhythmia Laboratory. Normal QRS complexes are usually prominent in the upper signal. Therefore, only the first channel was used for the test. In records 102 and 104, it was not possible to use modified lead II because of surgical dressings on the patients; modified lead V5 was used for the upper signal in these records [1] .
B. Noises in Electrocardiogram
Electrocardiogram (ECG) signal is the electrical recording of heart activity. It is usually in the range of small voltage in magnitude (10μV (fetal) and 5 mV (adult)) and has a frequency component from about 0.05-100 Hz. The electrical conduction system of the heart, a basic shape of ECG waveform and one of Einthoven's methods for recording are shown in Fig. 1 (more details in [2] ). The ECG is frequently corrupted by various noises which can be within the interested frequency band and similar to the morphology of the ECG itself [3] , [4] and [5] . There are other types of noises contaminated ECG signal such as instrumentation noise, electrosurgical noise and other less significant source of noise.
C. Implementation of Digital Filters
A digital filter is a mathematical algorithm implemented in hardware/software that operates on a digital input signal to produce a digital output signal for the purpose of achieving a filtering objective. The term digital filter used in this paper refers to the software filter. Digital filters play a crucial role in digital signal processing, e.g., biomedical signal processing [6] . There are two main types of digital filters: finite impulse response (FIR) filters and infinite impulse response (IIR) filters. The transfer function for IIR filter is
where a and b are the coefficients of the filter. The transfer function of FIR filter is
where h (k), k=0, 1, 2, 3…, N are the filter coefficients. The implementation procedures are described with flow chart as shown in Fig.2 . Firstly, the ECG signal from the database is loaded into the MATLAB ®. Then, the simulated signal is added to the loaded signal. Then the original ECG signal and the noise added ECG signal are examined in time domain and frequency domain. And the suitable design parameters for different digital filters are chosen based on the frequencies of noises. Thereafter, the ECG signal with simulated noises is passed through the designed digital filters. Finally, the filtered ECG signals are investigated again in time domain and frequency domain. The quantitative properties of the designed and implemented filters are investigated by comparing their spectra before and after filtration. The performance of the filters is mentioned with the mean square error (MSE). 
III. SIMULATION AND PROCESSING OF NOISES IN ECG
Since the goal of this paper is to design and implement digital filters for the processing of noises and to evaluate the performance of the filters, each noise signal is first modeled and simulated. The characteristics of each noise described in section II play a vital role in modeling the noise signal.
A. Processing of Power Line Interference
Power line interference consists of 50/60 Hz and its harmonics which can be modeled as sinusoids and a combination of sinusoids with amplitude up to 50 % of the peak-to-peak of ECG amplitude. The model of power line interference is provided as in (3). Fifty Hertz power line noise is simulated using the MATLAB ® . The noise level corresponds to the peak-to-peak amplitude of 0.15 mV. The frequency of power line is 50 Hz.
where N (t) is the power line noise, A is the amplitude and f is the frequency of power line. ECG signal from database and ECG signal superimposed with modeled power line interference in time domain are plotted as shown in Fig.3 . Also, the Fast Fourier Transform (FFT) of the signals is illustrated in Fig.4 . It can be clearly seen that the nature of power line interference, 50 Hz sinusoid is obvious in the power spectrum. From the information gained by plotting the FFT of ECG signals in the frequency domain, the design and implementation of digital filters are proceeded to remove and reduce the noises.
Digital notch filter is mostly the first choice for rejecting the specific frequency of the signal. The FIR and IIR notch filters were designed to suppress the 50 Hz power line noise. The sampling frequency is 360 Hz for all filters. The performance of the filter was evaluated by comparing their power spectra along with the mean square error (MSE). 
The pole location θ 0 is determined by (5) .
The transfer function of designed IIR notch filter is obtained from (4) and (5) as shown in (6). 
The noise added signal after the application of designed IIR notch filter in time domain is shown Fig. 5 . From the power spectra shown in Fig.6 , it can be clearly seen that the designed IIR notch filter could reduce the power line noise from -56.51 dB to -87.09 dB for the signal 106.
FIR filters are mostly used in ECG signal processing because of their invaluable linear phase shift properties. For the FIR notch filter design, the same parameters are used as in the IIR notch filter design.
The noise added signal after the application of designed FIR notch filter in time domain is shown Fig. 7 . From the power spectra shown in Fig. 8 , it can be clearly seen that the designed IIR notch filter could reduce the power line noise from -56.51 dB to -122.8 dB.
In addition to the comparison of the power spectra to evaluate the performance of the filters, the mean square error can be applied to assess the filter's performance. The mean square error (MSE) is expressed as in (7). 
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B. Processing of Baseline Wanders
Baseline wander is one of the most significant noise sources during the ECG measurement. This noise makes the physician difficult to interpret the ECG signal for the correct treatment. Baseline drift due to respiration and perspiration was simulated as a low frequency sinusoid. The frequency is 0.3 Hz and the amplitude is 1 mV for the simulation. It is modeled similarly to the power line interference in (3). A plot of ECG contaminated by baseline wander due to respiration is described in Fig. 9 . The frequency content of baseline wander is usually in a range well below 0.5 Hz. These low frequency components can severely affect the visual interpretation of an ECG and the results from computer based ECG analysis. In order to discard baseline drift, a high pass filter was designed with 3 Hz of cutoff frequency and 134 orders for the FIR highpass filter. Also, the IIR Butterworth highpass filter is designed with cut-off frequency of 3 Hz and filter order of 3.Moreover, the moving average filter is applied to the ECG signal corrupted by the baseline wanders. The moving average filter can also be used for data smoothing. The results of the filtered signal in time domain are illustrated in Fig.10 .
C. Processing of Abrupt Baseline Drift
Abrupt baseline drift is due to the movement of patient during the measurement of ECG and the changes of skin-electrode impedance. It is simulated by adding DC bias for some period of the ECG. The noise level of +0.5 mV or -0.5 mV was chosen. A plot of ECG added by abrupt baseline drift is shown in Fig. 11 . ECG signal with abrupt baseline change is passed through designed FIR highpass filter with cutoff frequency of 3 Hz and 134 orders, IIR Butterworth highpass filter with the same cutoff frequency and order of 3. Again, the moving average filter is applied to the signal contaminated by abrupt baseline drifts because the frequency content of abrupt baseline drift used is also low. Therefore, the same specifications of highpass filters as in processing of baseline wanders are used. The results are plotted as in Fig.12 . From the results, it can be said that the moving average filter gives the best performance for the processing of ECG signal corrupted due to abrupt baseline drifts. The FIR highpass filter shifted the signal and changed the amplitude of the signal. And the IIR Butterworth highpass filter could fix the abrupt baseline drift but the signal was distorted.
D. Processing of Electromyographic interference
Electromyographic (EMG) interference is simulated by adding random noise to the ECG. The noise level is ± 50% of the ECG maximum amplitude. A plot of ECG with Electromyographic noise is shown in Fig. 13 . From the results in Fig.14 , it can be concluded that the FIR Equiripple bandpass filter provides the better performance than the other two filters. It can also be said that the FIR highpass filter with the corner frequency of 5 Hz is not suitable for the processing of EMG noise in ECG signal.
E. Processing of Composite Noise
The ECG with the composite noise is formed by combining of all of noises discussed above. A plot of ECG with composite noise is shown in Fig. 15 . As mentioned, the ECG signal with composite noise includes different kind of frequency and amplitude of noises. It makes a challenge to process to get the noise-free ECG signal for the physician. And also it is the worst case in ECG measurement because there may be all of noise present in ECG recording in reality. For the composite signal, the high-pass or low-pass filter cannot filter to the satisfied extent because the signal was contaminated by various noises with different frequencies. So, the band-pass filter is mostly used to process the ECG signal without knowing the exact frequency of noise and with different frequency bands. FIR Equiripple bandpass filter, FIR bandpass filter and IIR Butterworth bandpass filter with cutoff frequencies [3 43 ] Hz was designed and applied. However the filters could not fix the abrupt baseline drifts well. Therefore, the cutoff frequencies for all filters are changed to [5 30 ] Hz. In this time, the filters could attenuate almost all noises, but the signal was distorted. But, the critical information, such as R-peak is not lost as shown in Fig.16 . Noises and artifacts play a vital role in the processing of ECG signal. They make the physicians difficult to diagnose the diseases if the artifacts are present in the ECG signal. In this work, the noises often corrupted the ECG signal are modeled and simulated. Then, design and implementation of digital filters for each type of noise are considered and applied.
For power line interference cancellation, digital notch filters were implemented and the amplitude spectra were compared for the evaluation of their performance as shown in Fig. 6 and Fig.8 . FIR is normally preferable because of its linear phase properties. This property is very crucial for ECG signal analysis. In addition, the mean square error is estimated for the performance of digital filters quantitatively. The mean square error of IIR notch filter is lower than that of FIR digital notch filter. Therefore, due to the low computational cost of IIR notch filter, the IIR notch filter is suitable for the real-time implementation in hardware.
For the baseline wander removal due to its lower frequency characteristics, FIR and IIR high-pass filters were implemented. The filter performed to an acceptable extent and no critical information of ECG signal for further processing and analysis is lost. The average moving filter provides the best performance for the processing of baseline wanders as shown in Fig.10 .
Abrupt baseline drift is caused by the movement of patient which can provide wrong information for ECG signal processing and diagnosis. FIR highpass filter and IIR Butterworth highpass filter were applied to fix the abrupt change of baseline. As shown in Fig. 12 , the moving average filter could fix the abrupt baseline drifts with less signal distortion.
Due to the muscle contraction, Electromyographic (EMG) interference appears and can influence the signal to noise ratio of ECG signal. The three digital filters, FIR highpass and lowpass filter and FIR Equiripple lowpass filter are designed and implemented. The FIR highpass filter is not a suitable choice for EMG interference cancellation. FIR lowpass filter changes the baseline of ECG signal. From the results, it can be said that FIR Equiripple lowpass filter provides the better performance with less signal distortion.
Finally ECG signal contaminated by the composited noise passed through the band-pass filters because of the combination of different frequency contents. The performance of filters for removing the composite noise is enough for basic signal analysis, the critical R-peak is distinct enough for further processing, such Heart Rate Variability (HRV).
To sum up, FIR filters are preferred for ECG signal processing due to the property of linear phase. However, the higher orders of filters are required and the signal was delayed proportionally to the orders of filter. IIR filters need only a few filter orders. So, regarding the hardware complexity and computational cost, IIR filters can be chosen. For the phase linearity, forward/backward IIR filters can be designed and implemented. Although specific type of filter for a single noise can perform very well, different type of filters in cascaded form should be investigated for the processing of the signal corrupted by different noises.
Moreover, adaptive digital filters should also be considered for the tracking of noise with better performance. 
